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ABSTRACT
A recent and fast evolving application for microphone arrays
is the auditory systems of humanoid robots. These arrays, in
contrast to conventional arrays, are not ﬁxed in a given position, but move together with the robot. While imposing a
challenge to most conventional array processing algorithms,
this movement offers an opportunity to enhance performance
if utilized in an appropriate manner. The array movement
can increase the amount of information gathered and, therefore, improve various aspects of array processing. This paper
presents a theoretical framework for the processing of moving microphone arrays for humanoid robot audition based on
a representation of the surrounding sound ﬁeld in the spherical harmonics domain. A simulation study is provided, illustrating the use and the potential advantage of the proposed
framework.
Index Terms— Microphone array, moving array, robot
audition, rotation, translation, spherical harmonics.
1. INTRODUCTION
Microphone arrays of various conﬁgurations are being widely
studied and have been successfully applied in various ﬁelds
of modern engineering [1, 2]. One of the fast evolving applications of these arrays, which have received attention in
recent years, is the auditory system of human-like robots or
humanoids. Several publications describe humanoid robots
capable of sound localization [3] and blind source separation
[4] using microphone arrays. However, these arrays, in contrast to the convention, are not ﬁxed at a given position, but
move in accordance with the activity of the robot. Therefore,
direct application of common processing methods is limited
in this case.
Processing for the moving microphone array has been
studied and described in recently published literature. For
example, it was shown that it is possible to reduce spatial
aliasing using a planar rotating array [5] or a linear array
accelerating on a straight line [6]. In [7], a constant-speed
motion was utilized in order to virtually decrease spacing
between the sensors in a linear array moving along a straight
line. In addition, the well-studied synthetic aperture array
(SAR) technique utilizes the array motion for virtual exten-
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sion of its aperture, and is widely applied in towed arrays
in underwater acoustics [8, 9]. However, to the knowledge
of the authors, there are no publications concerned with the
processing of moving arrays for humanoid robot audition,
which is the subject of this work.
The proposed approach models the effect of changing array positions on the measurements made by the array. The
effect is modeled in the spherical harmonics (SH) domain, assuming that the microphones are distributed on the surface of
the robot head [3, 4], which typically has a sphere-like shape.
Using this model, the array measurements taken at different
array positions are combined and can be used to virtually increase the number of measurement points and the array aperture. This approach can then be utilized to increase the number of acoustical sources that can be separated, improve the
array directivity and increase the DOA estimation resolution
as compared to stationary arrays. Furthermore, the proposed
framework can be utilized for the development of active sensing, i.e. controlling the array motion in a way that maximizes
the acquired information.
Sections 2 and 3 are devoted to describing the array model
and its extension to account for array motion, followed, in 4,
by a simulation investigating array performance with different
modes of motion.
2. STATIONARY ARRAY MODEL
Consider an array of M microphones distributed on the surface of the head of a humanoid robot. Denote the ith microphone output at a time t by pi (t). Denote the Fourier
transform of the microphone output in a selected time window 0 ≤ t < T by Pi (ω) = F{pi (t), 0 ≤ t < T }, where
ω denotes the angular frequency. Next, assume that the surrounding sound ﬁeld can be represented by a plane wave density function a(ω, Ω), such that:

vi∗ (ω, Ω)a(ω, Ω)dΩ,
(1)
Pi (ω) =
Ω∈S 2

where Ω = (θ, φ) is a short notation for elevation θ and azimuth φ in the standard spherical coordinate system[10] with
its origin located at the center of the head. Integral Ω∈S 2 dΩ
covers the entire surface of the unit sphere, denoted by S 2 ,
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vi∗ (ω, Ω) is the ith component of the array steering vector [11]
and (·)∗ denotes the complex conjugate operator. In the following, the dependence on ω will be omitted for clarity when
possible.
The complex pressure amplitude measured by the ith microphone can be rewritten as [10]:
Pi =

n
N


n=0 m=−n

i
[vnm
]∗ anm ,

(2)

i
(Ωi ) are the spherical Fourier coefﬁcients
where anm and vnm
of the plane wave density function a(Ω) and of the complex
conjugate of the ith component of the array steering vector
vi (Ω), respectively. In (2) it is assumed that the SH order of
the pressure amplitude on the head surface is limited to N .
The expression for the maximum order N could be difﬁcult
to derive for a general head geometry. However, assuming
that the head surface geometry is close to spherical, it is suggested here to use the expression for the effective order of the
pressure on a rigid sphere, N = kr [12], where · denotes
the ceiling operator, r is the sphere radius and k = ω/c, with
c representing the speed of sound. Note that (2) also implies
that in order to describe Pi the ﬁrst N orders of coefﬁcients
anm are sufﬁcient.
The steering vector component vi∗ (Ω) is also orderlimited to N , implying that for sufﬁciently large Q
i
[vnm
]∗ =

Q
4π  ∗
v (Ωq )Ynm (Ωq ),
Q q=1 i

Q
n
N


4π  ∗
vi (Ωq )
Ynm (Ωq )anm
Q q=1
n=0 m=−n

= viH Yanm ,

(4)

where anm = [a0,0 a1,−1 a1,0 a1,1 · · · aN N ]T , vector
viH = [vi∗ (Ω1 ) · · · vi∗ (ΩQ )], Y is the inverse spherical
Fourier transform matrix, whose entries are the spherical harmonics normalized by 4π/Q, as suggested by (4),
and operators (·)T and (·)H denote the transpose and conjugate transpose operators, respectively. Concatenating
the microphone outputs in a single measurement vector
P = [P1 P2 · · · PM ]T and using (4), yields:
P = VYanm ,

3. MOVING ARRAY MODEL
In this section it is assumed that the array is moving. Suppose
that the array motion is divided into L subsequent time windows, as illustrated in Fig. 1. Denote the Fourier transform of

Fig. 1. Illustration of array motion divided into time windows.
the ith microphone output in the lth time window by:
Pil (ω) = F{pi (t), (l−1)T ≤ t < lT }, l = 1, 2, ..., L. (6)
It is assumed here that the array velocity and the acceleration are sufﬁciently small, such that the effect of motion (e.g.
Doppler shift) and the effect of varying array position within
each time window can be neglected [6]. In this case, the measurements {Pil (ω)}M
i=1 obtained by the array in different time
windows indexed by l differ by:
1. the time at which they were taken,

(3)

where it is assumed that {Ωq } are nearly-uniformly distributed on the surface of a unit sphere (see [12] for details)
with Ynm (·) denoting the SH of order n and degree m. Substituting (3) into (2) and rearranging leads to:
Pi =

from the array measurements taken at a single ﬁxed array position. In the following section, this model is extended to account for arrays moving along an arbitrary trajectory.

(5)

where V = [v1 v2 · · · vM ]H with columns representing the
steering vectors of the array.
The model in (5) can be used for the estimation of the
plane wave density of the sound ﬁeld, represented by anm ,
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2. array position/orientation at which they were taken.
In order to account for the difference in time, assume that
the sources producing the ﬁeld are space stationary within the
measurement time interval. Given that the sound ﬁeld component at frequency ω is harmonic, the measurements taken
at time window l can be aligned in time with respect to a common time frame, l = 1, by adding the appropriate phase shift:
P̂il (ω) = Pil (ω) · e−jω(l−1)T , l = 1, 2, ..., L,
(7)
√
where j = −1. The time aligned measurement vector in
time window l is deﬁned as:
l T
P̂l = [P̂1l P̂2l · · · P̂M
] ,

(8)

where the dependence on frequency is omitted for notation
simplicity. Now, using the model in (5), the measurement
model for the time aligned lth time window is given by:
P̂l = VYalnm ,
alnm

(9)

where
holds the SH coefﬁcients of the plane wave density function at time window l relative to a coordinate system
that is ﬁxed with the array and the robot head. Thus, vectors
alnm , l = 1, 2, ..., L computed from (9) after time alignment,
represent the sound ﬁeld measured at the same time, but with
microphones at different positions due to the motion of the
array. The effect of changing array position is described in
the following subsection.
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3.1. Array rotation and translation

with

By taking the sound ﬁeld relative to the array at l = 1 as a
reference, the sound ﬁeld relative to the array at time window
l can be expressed as:
alnm = Wl a1nm ,

(10)

where matrix Wl describes the effect of the spatial transformation of the sound ﬁeld. Note that the spatial transformation
described by Wl is reciprocal to the movement of the array
relative to the ﬁeld.
In order to specify Wl for a given movement, it is separated into two parts: a rotation about the origin of the coordinate system and a subsequent translation. This implies that
Wl can be presented as:
W l = Tl R l ,

(11)

where Tl and Rl describe the translation and the rotation
parts of the transformation, respectively.
The rotation matrix Rl , is given by the following block
diagonal matrix [13]:
⎛
⎞
D0
00,1
· · · 00,N
⎜ 01,0
D1
· · · 01,N ⎟
⎜
⎟
(12)
Rl = ⎜ .
⎟,
..
..
⎝ ..
⎠
. .
0N,0 0N,1 · · · DN
where 0m1 ,m2 is a zero matrix having 2m1 + 1 rows and
2m2 + 1 columns and Dn ∈ C(2n+1)×(2n+1) is given by:
⎞
⎛ n
n
D−n,−n · · · D−n,n
⎟
⎜
..
..
..
Dn = ⎝
(13)
⎠,
.
.
.
n
Dn,−n

···

n
Dn,n

Wigner-D funcγl being the Euler angles [10] of the rotation in the l time window. Note
2
2
that Rl ∈ C(N +1) ×(N +1) is a square matrix, implying that
rotation does not affect the SH order of the ﬁeld.
The translation matrix Tl , which describes the effect of
the translation part of the sound ﬁeld movement in the lth
time window, is given by [15]:
⎛
⎞
Γ0,0
Γ0,1
· · · Γ0,N
⎜ Γ1,0
Γ1,1
· · · Γ1,N ⎟
⎜
⎟
(14)
Tl = ⎜ .
⎟,
.
..
⎝ ..
⎠
. ..
ΓN  ,1

···

ΓN  ,N

where
⎛

Γn ,n

γn ,−n ,n,−n
⎜
..
=⎝
.
γn ,n ,n,−n

···
..
.
···

⎞
γn ,−n ,n,n
⎟
..
⎠,
.
γn ,n ,n,n


q=0



jq (krl ) · Yqm−m (θl , φl ) · Cnn,m,q
(16)
 ,m ,

where jq (·) is the spherical Bessel function of order q and

Yqm−m (·) is the spherical harmonic function, as explained
above, rl and (θl , φl ) are the distance and the direction of the
translation in the lth time window and Cnn,m,q
 ,m is a coefﬁcient
that involves the Wigner 3j symbols, as described in [15] (see
equations (19) and (20) therein). The sum in (16) is limited to
krl  because jq (krl ) ≈ 0 for q >> krl [12]. Note that the

2
2
translation matrix Tl ∈ C(N +1) ×(N +1) is, in general, not
a square matrix; it transforms a ﬁeld of order N into a ﬁeld
of order N  , which, using the property that Cnn,m,q
 ,m = 0 for
|n − n | > q, is given by
N  = N + krl .

(17)

This implies that a translation can effectively increase the SH
order of the sound ﬁeld by up to krl orders. Further details
on the translation matrix can be found in [15] and references
therein.
3.2. Combining measurements from various time windows
Eq. (9) relates the time-aligned array measurements in time
window l to the sound ﬁeld coefﬁcients alnm , as viewed by
the array. By using the representation introduced in (10) and
(11) for rotation and translation, the measurements in different time windows indexed by l can be related to the same
sound ﬁeld, as viewed by the array in the (arbitrarily chosen)
ﬁrst time window:
P̂l = VYTl Rl a1nm ,

l = 1, 2, ..., L.

(18)

L

m3
is the short notation for the
where Dm
1 ,m2
m3
(αl , βl , γl ) with αl , βl and
tion [14] Dm
,m
1
2
th

ΓN  ,0

krl 

γn ,m ,n,m =

(15)
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Finally, all the measurements P̂l
in (18) can be coml=1
bined in a single measurement model by a column concatenation:
P̂ = Aa1nm ,
(19)

where P̂ = [P̂T1 P̂T2 · · · P̂TL ]T and
⎛
VYT1 R1
⎜ VYT2 R2
⎜
A=⎜
..
⎝
.

⎞
⎟
⎟
⎟.
⎠

(20)

VYTL RL
The model in (19) enables estimation of the sound ﬁeld, represented by (N + 1)2 SH coefﬁcients of its plane wave density function, using all of the M · L measurements taken by
M microphones in the subsequent L time windows, provided
that the sound ﬁeld does not change substantially in the time
interval in which the measurements are taken.
The added value of combining measurements from different time windows may depend on the array trajectory, as
further investigated in the numerical study below.
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Consider an acoustically rigid equiangular spherical array
[12] of 13 microphones distributed with a 45◦ spacing in
elevation and a 90◦ spacing in azimuth. The array radius is
ra = 10 cm and the SH order of the ﬁeld is assumed to be
limited to N = 4. In order to calculate A for a given array
geometry, an expression for product VY of the steering matrix V and the inverse SFT matrix Y are required (see (20)).
For the rigid spherical array this expression can be found in
[12].
In the ﬁrst simulation, the potential improvement in array
performance as a result of a single displaced measurement position in addition to the reference position was examined. Two
different modes of motion were considered: (a) rotation about
the axis deﬁned by (θ, φ) = (0◦ , 0◦ ) by angle α and (b) translation in the direction (90◦ , 90◦ ). The potential improvement
in the array performance was quantiﬁed using the effective
rank [16] of the transfer matrix A (see (17)). This measure
has been previously shown to be related to the beamforming
and DOA estimation performance of microphone arrays [17].
The effective rank of A at 2 kHz as a function of (a) the rotation angle α and (b) the distance of translation are presented in
Fig. 2. It can be seen that the improvement, expressed by the
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Fig. 3. Comparison of the effective rank of A as a function of
frequency for three different types of movements.
It can be seen that in all three cases the improvement increases with frequency. Note that the improvements in the
effective rank due to the rotation or the translation alone are
nearly identical. This implies that the effect of rotation and
translation on the effective rank can be similar. In addition,
the effect of the combined movement (rotation followed by
translation) is higher than that of the rotation or the translation alone.
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0

The translation and rotation parameters were chosen to ensure that the translation distance and the displacement of the
equator microphones due to the rotation by 3◦ , are nearly the
same. The effective rank of A as a function of frequency is
plotted in Fig. 3.
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4. SIMULATION STUDY
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Fig. 2. Effective rank of the combined transfer matrix A at 2
kHz (see (17)) as a function of (a) rotation angle, (b) translation distance.
effective rank of A, increases for larger displacements (either
rotation or translation). This is consistent with the fact that
larger array displacement increases the effective array aperture and therefore can increase the spatial information gathered by the array about the surrounding sound ﬁeld. In the
rotation case, the improvement is maximal at α = 45◦ . This
is believed to be due to a spatial symmetry of the rotations by
α and 90◦ − α for this particular array geometry.
Another simulation was carried out in order to study the
improvement induced by array movement as a function of
frequency. Similar to the previous simulation, a single displaced measurement position was added to the reference position measurement. Three movements were considered: (a)
rotation by α = 3◦ , (b) translation by 5 mm and (c) a combination of both, with the rotation followed by the translation.
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5. CONCLUSION
A theoretical framework for the processing of moving microphone arrays for humanoid robots was proposed. This framework has the potential to improve various aspects of array
processing by combining the spatial information acquired by
the array at different spatial positions. Simulation examples
showed that the performance improvement might depend on
the array trajectory and, in general, will increase for higher
array displacements. Future work is expected to include an
investigation of the effect of the stationarity of the sound ﬁeld
and an evaluation of the possible decrease in performance due
to the self-noise produced by a moving robot.
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